In this paper, we deal with the inversion of a physical model of a trumpet, i.e. how should the model be controled in order to obtain a given sound. It is shown that this problem is ill-posed since an infinity of inputs can produce the same sound. Then, a criterion based on the slowness of the musician's gestures compared to the sound signal evolution is used: this leads to a physically pertinent solution. Finally, we present some simulation results.
Introduction
For several decades, Computer Music has been an attractive field of research. Among the various topics of investigation (such as computer assisted composition, room acoustic simulation, sound synthesis, etc...), sound analysis consists of estimating the parameters or the inputs of a "sound model" in order to have a useful representation of a sound. In particular, this then allows us to perform transformations and resynthesis.
Sound models can be "abstract mathematical representations" of the sound1 or "physical models" of the sound production'. Although many high quality sound analysis methods have been developed for most "mathematical models" (for example, [l] , [a] ), there is a lack of similar estimation methods for most "physical models" (in spite of some pre- ' [4] , [5] , [6] ), particulary those describing instruments with self-sustained sound. However, in the long term, such methods would facilitate work on various applications including: very low bit rate coding of instrumental music, inclusion of symbolic representation of instrumental playing gestures in automatic score transcription, constitution of a data base of playing gestures from which a musical phrase can be built by concatenation of selected units, sound morphing, and possibly source separation in the case of a polyphonic recording.
111 this paper, a method to estimate the timevarying inputs of physical models of self-sustained musical instruments is proposed, and is a.pplied to a trumpet model. The trumpet model which is to be inverted is first described. It appears as an infinite dimensional dynamical3 system whith a discontinuity at lips closure. Then, the non invertibility of the model is shown: an infinity of inputs can produce the same sound. However, if it is assumed that the musician gestures are slower t1ia.n the sound signal, a single input can be selected. A formal description of the method is presented and then applied to our model. Finally, we present some simulation results and conclude by looking at the efficiency of the method. [SI). An air jet is assumed between the lips and the air velocity in the mouth is neglected. Then, the nonlinear coupling between the lips and the instrument is modelled by the Bernoulli equation which connects air flow u ( t ) between the lips, lip's position z ( t ) , mouth pressure p,(t) and pressure p ( t ) a t the mouthpiece entry (cf. [9] ).
Under the hypothesis of a plane wave propagation, we can write p ( t ) as the sum of an outgoing wave p,(t) and an incoming wave p i ( t ) . Let In systems (1) and (2), the first equation describes the lip mechanics, the second equation describes the coupling between the lip and the instrument, and the last equation describes the acoustic response of the instrument4. At the output of the bell, the sound is given by pb = g * po where g is the acoustic impulse response of the instrument. 
make the dynamical system he infinite dimensional.
aiitoniat~ically i n order to produce a given sound, for instance recorded from a professional trumpet player.
However, we assume that pm is measured and that po is the output of the model: this allows us to lessen the calculation complexity without any loss of generality for the forthcoming method.
Non invertibility of the model
Since the syst,ein is discontinuous and infinite dimensional, the left invertibility algorithm cannot be applied (cf. [ll] ). However, a direct calculation leads to the non invertibility conclusion, as shown in the following. 
Proposition

stituting these functions for Z ( t ) , k ( t ) and :(t) in the first equation of (l), leads to (3).
It is clear that equation (3) has an infinity of solutions. We therefore need to introduce an additional criterion to select a unique pair (w, v ) among the infinity of pairs satisfying (3). 4 Input reconstruction method
An additional constraint
Even though this is difficult to check, it is rather natural to assume that the internal dynamics of the model (po(t), p i ( t ) , Z ( t ) ) evolve as fast as the sound s ( t ) , and much faster than the musicia.n's "gestures" i.e. than w and v .
Thus, for a short-enough time window I = [ t b , te],
it is reasonable to assume that the inputs w and U are assumed to be constant.
Principle of the method
Let us consider a dynamical system described by where F is a functional (in particular 3 can include derivation or convolution operators), SI, is the vector of the known state variables (deduced from the observation), S,, is the vector of the unknown state variables, and -11 is the vector of the inputs, constant on I.
Assume that there exists a functional G such that S, = G(SI,, In), then ( 5 ) can be rewritten as a function of -SI, and -11 only:
( s , , G ( S k , r n ) , T , 4 l o c r 5 t ) = o B E 1
Let us introduce the partial mapping Vt E I Let MIf * f&Q). I t is obvious that for each t E 1, 11 E Mt. Since Mf evolves with t whereas 5 is constant, In is necessarily a n intersection point of all the MIt> E I. Therefore -1 1 belongs to nt,nMt.
-Since this intersection ma.y sometimes be empty (which might result from model inaccuracies), the met,liod we propose consists i n minimizing the s u m of distances between -In and each Mt.
Let us consider the criterion : (7) where iV = We look for -6 which minimizes Cn. Slowly varying inputs can also be considered in the same framework by considering sequences Ij with constant inputs on each sub-interval Ij.
dt is a normalization factor. As 6 only exists when Z ( t ) > 0, the used criterion is Cn, where I+= In%+ and T + = {t E R/Z(t) >0} rather than Cn. Practically, it appears t h a t the largest part of a period of the signal corresponds to a positive Z ( t ) , so that using I+ instead of I[ is not an inconvenience.
From now on, let us suppose t E T+. Then, from equation (3), we obtain: Thus, for the trumpet, Mt is a parabola in the ( w , v ) plane, symnietrical about the axis w = 0, for each 2; E !I+. -4s described in (4.2), for constant inputs, I is the intersection point between the Mt for all t E !I+ (as shown in figure 3) . Instead of looking for the intersection of the sei, of parabola, we can consider that (3) represents a straight line with slope coefficient -U and origin ordinate -w2, passing through the measured
In practice, the points are never perfectly aligned and a linear regression is required6. Moreover, this allows to take into account the case of slowly varying inputs ( U , U).
Since these computations must be iniplemented i n discrete-time, the discrete set Id, = !I+ nT,Z where T~ is the sampling period, is introduced. Consequently, the criterion (7) becomes where N i i Ca.rd I$
Results
Our method has been tested in two configurations where the inputs w and w are constant or evolve slowly compared to the measured po (which agrees with our assumption 
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In both cases, the model is parametrized by the same A , B , C, h which are typical of a real instrument in usual conditions. The sampling frequency is lo5 Hz and the duration of each interval II is 10 111s.
: / :
Aberra,nt ineasurenierits are eliminated by a simple statistical criterion (cf.
[lo]). Since this aspect is not fundamental i n our approach, we have omitted it, in this paper. Figure 4 shows the estimated w and v (represented estimates of w are -0.0671 and 0.0118 respectively. Similarly, bias and variance of U are 1.2888 and 0.1929 respectively. In relative error, the worst result on bias is 2 for 0. estimates of v are 7.5459 and 8.6492. In relative error, the worst result on bias is 1.14 for U .
Constant inputs
Slowly varying inputs
The previous result seems to indicate that the inversion method is reliable even for slowly varying inputs. Moreover, the evolution of the shape of p , seems not to greatly influence the estimation.
Conclusion
The aim of this paper is to find the inputs of physical models of musical instruments for given outputs. The studied model of trumpet is not invertible. Therefore, an additional constraint h a s been added, which leads to a general method allowing for inversion of otherwise non invertible models. This method has been presented and successfully tested on a trumpet model.
